INTRODUCTION
It is essential to understand and take a deep look in to the future, for a view of what a network may look like and explore how a service or group of services may fit together to form a useful example of where next generation network will take us.
To offer better quality of service in a network a lot of parameter should be considered such as bandwidth, latency, delay, jitter and packet loss etc. NGN's architecture is based on decoupling transport layer and service layer. Basically, that means that whenever a provider wants to enable a new service they can do it straight upon defining it at the service layer without considering it the transport layer. In order to meet some of the requirements listed for Next generation Network, some proposal has been discussed in past [2] . Voice and video based QoS is determined by many factors and the most important parameters are packet end-to-end delay, packet delay variations or jitter and packet drop. ITU-T Recommendation G.114 recommends the following limits for one-way end-to-end transmission time [3] .
• 0 to 150 ms: Acceptable for most user applications.
• 150 to 400 ms: Acceptable provided that Administrations are aware of the transmission time impact on the transmission quality of user applications.
• Above 400 ms: Unacceptable for general network planning purpose. However, it is recognized that in some exceptional cases this limit will be exceeded.
III.
THE ANALYTICAL DECOMPOSITION OF NGN REFERENCE MODEL WITH OPEN QUEUING NETWORK In the generic model a node or a service center represent each resource. Thus in a model for computer system performance analysis we may have service center for the servers, a service center for each I/O channel [4] . www.ijacsa.thesai.org
In order to provide a requested QoS, the nodes of a network must perform session initiation phase, reservation setup, admission control, policy control, packet scheduling, and packet classification functions.
A service center may have one or more server associated with it. If a job requesting service finds all the server at a service center busy, it will join the queue associated with the center and a later point in time when a server becomes idle a job from the queue will be selected for service according to some scheduling discipline. After completion of service at one service center the job may move to another service center for further service, reenter the same service center or leave the system [5] .
Consider a two stage tandem network. The system consists of application server and resource server with respective service rate 01 &  . Observe that application server has a Poisson arrival source of rate  and exponentially distributed. This system can be modeled as a stochastic process whose states are specified by pairs ( 0, 1 kk). 1) is the no. of jobs completion of the service at one of the two server. The changes of the two servers occur on a completion of service at one of the two servers or an external arrival. Since all interevent times are exponentially distributed, it follows that the stochastic process is a homogeneous continuous time Markov chain [6] .
Let p ( 0, 1 kk) is the joint probability of 0 k jobs at application server and 1 k Jobs at resource server in the steady state. Equating the rates of flow into and out of the state, we obtain the following balance equations [7] .
For the boundary state we have 
The equation shows a stability condition of the network as condition for stability of the system is that both 01 &  are less than unity. Equation (3) is a product form solution to M/M/1 queue. Many efficient algorithms for calculating performance measure for closed queuing network have been developed and discussed in past [8] [9] [10] .
IV. VARIOUS QUEUING TECHNIQUES
There are number of elementary queuing models. Attention is paid to methods for the analysis of these models, and also to applications of queuing models on 3G and 4G network.
Various queuing disciplines can be used to control which packets get transmitted and which packets which packets get dropped. The queuing disciplines are:
FIFO is an acronym for First in First Out. This expression describes the principle of a queue or first-come first serve behavior: what comes in first is handled first, what comes in next waits until the first is finished etc. Thus it is analogous to the behavior of persons -standing in a line‖ or -Queue‖ where the persons leave the queue in the order they arrive. First In First out (FIFO) is the most basic queuing discipline. In FIFO queuing all packets are treated equally by placing them into a single queue, then servicing them in the same order they were placed in the queue. FIFO queuing is also referred to as First Come First Serve (FCFS) queuing [11] . Although a single FIFO queue seems to provide no QoS features at all, it actually does affect drop, delay, and jitter. Because there is only one queue, the router need not classify traffic to place it into different queues and router need not worry about how to decide from which queue it should take the next packet-there is only one choice. Due to this single queue uses FIFO logic, the router need not reorder the packets inside the queue. With a longer queue, however, the average delay increases, because packets may be enqueued behind a larger number of other packets. In most cases when the average delay increases, the average jitter increases as well.
Priority Queuing assigns multiple queues to a network interface with each queue being given a priority level. A queue with higher priority is processed earlier than a queue with lower priority. Priority Queuing has four preconfigured queues, high medium, normal and low priority queue. Queues www.ijacsa.thesai.org are serviced in strict order of queue priority, so the high queue always is serviced first, then the next-lower priority and so on. If a lower-priority queue is being serviced and a packet enters a higher queue, that queue is serviced immediately. This mechanism is good for important traffic, but can lead to queue starvation. If packets arrive in the high queue then priority queuing drops everything its doing in order to transmit those packets, and the packets in other queue is again empty. When a packet is sent out an interface, the priority queues on that interface are scanned for packets in descending order for priority. The high priority queues is scanned first, then the medium priority queue and then so on. The packet at the head of the highest queue is chosen for transmission. This procedure is repeated every time when a packet is to be sent. The maximum length of a queue is defined by the length limit. When a queue is longer the limit packets are dropped [12] .
The idea of the fair queuing (FQ) discipline is to maintain a separate queue for each flow currently being handled by the router. The router then services these queues in a round robin manner. WFQ allows a weight to be assigned to each flow (queue). This weight effectively controls the percentage of the link's bandwidth each flow will get. WFQ is a generalization of fair queuing (FQ) [13] [14] [15] . Both in WFQ and FQ, each data flow has a separate FIFO queue.
V. NETWORK DESIGN AND CONFIGURATION
The following network design has been taken into consideration to evaluate network performance on various queuing network. At the first step single traffic is used for each of the functions such as Ftp, Video Conferencing and VoIP which is shown in Fig 3. Fig 4 and Performance based on queuing network has been discussed in past using various queuing policy but failed to achieve wide acceptance due to various complexity [16] [17].
The below configurations applied in the Opnet Modeler and simulated to get results. 
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21 | P a g e www.ijacsa.thesai.org The architecture has been further modified and a bandwidth of 50 Mbps to 100 Mbps has been considered for 3G network and tested multimedia content delivery over this network.
For 4G networks the architecture has been modified and considered bandwidth up to 1Gbps and tested for multimedia content delivery over this network. Packet end to end delay and packet delay variation has been evaluated for all the network configuration model using different queuing discipline.
Different queuing discipline in the routers can affect the performance of the applications and the utilization of the network resources. Routers need to be configured for those three Queuing disciplines. The configurations are given Fig.6 VI.
SIMULATIONS RESULTS AND ANALYSIS
Simulation has been done using OPNET software for every queuing scheme and packet end to end delay, packet delay variation and traffic dropped is measured for variable bandwidth. It is tested for voice traffic and video conferencing. Table 1 , 2, 3 shows packet end to end delay and packet delay variation for FIFO, PQ and WFQ scheme for audio and video over variable bandwidth. These results have been evaluated for light load condition network configuration model. It has been also observed that results are similar for intermediated load and heavy load network configuration model for 100 Mbps and 1Gbps. 
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24 | P a g e www.ijacsa.thesai.org Table 4 . Statistics of Packet End to End Delay for voice application Table 5 . Statistics of Packet Delay Variation for voice application Table 4 and Table 5 shows packet end to end delay and packet delay variation for FIFO, PQ and WFQ scheme for voice applications. 
25 | P a g e www.ijacsa.thesai.org Table 6 and Table 7 shows packet end to end delay and packet delay variation for FIFO, PQ and WFQ scheme for video applications.
It is observed that, both packet end to end delay and packet delay variation are higher in all the cases for FIFO. On other side, PQ and WFQ gives the same results when implemented in the above configuration model. The packet end to end delay and packet delay variation comes out to be 4ms and 0.005ms which is less and are acceptable for voice applications. It has been observed that as the traffic drop is higher in FIFO scheme for all the network configuration model. For WFQ scheme it is minimum in all the network configuration model.
VII. CONCLUSION
It has been observed after comparing the detail statistics of the result that packet end to end delay, packet delay variation and Traffic dropped is always higher in case of FIFO scheme for both voice and video based content deliver over network. Results have been evaluated for light load, intermediated load and heavy load configuration model. PQ scheme gives better result in case of video based content delivery over the network. However WFQ gives best result among them. Result shows that traffic drop is almost zero in case of WFQ scheme. As per the presented result here in case of WFQ scheme packet end to end delay and packet delay variation are proper for audio based content but for video it is bit higher. Bandwidth of 10Mbps, 100 Mbps and 1 Gbps has been considered to do the critical analysis of above configuration model. Results are useful for performance modeling for 3G and 4G network.
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